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FOREWORD 


The  Electromagnetic  Compatibility  Analysis  Center  (ECAC)  is  a  Department  of 
Defense  facility,  established  to  provide  advice  and  assistance  on  electromagnetic 
compatibility  matters  to  the  Secretary  of  Defense,  the  Joint  Chiefs  of  Staff,  the  military 
departments  and  other  DOD  components  The  Center,  located  at  North  Severn,  Annapolis, 
Maryland  21402,  is  under  executive  control  of  the  Director  of  Defense  Research  and 
Engineering  and  the  Chairman,  Joint  Chiefs  of  Staff  or  their  designees  who  jointly  provide 
policy  guidance,  assign  projects,  and  establish  project  priorities  ECAC  functions  under  the 
direction  of  the  Secretary  of  the  Air  Force  and  the  management  and  technical  direction  of 
the  Center  are  provided  by  military  and  civil  service  personnel  The  technical  operations 
function  is  provided  through  an  Air  Force  sponsored  contract  with  the  NT  Research 
Institute  { 1 1 T  R I ) . 

This  report  was  prepared  as  part  of  AF  Project  649E  under  Contract 
F  19628  70C  0291  by  the  staff  of  the  NT  Research  Institute  at  the  Department  ol  Defense 
Electromagnetic  Compatibility  Analysis  Center 


To  the  extent  possible,  all  abbreviations  and  symbols  used  in  this  report  are  taken 
from  American  Standard  Y10  19  (1967)  "Units  Used  in  Electrical  Science  and  Electrical 
Engineering"  issued  by  the  United  States  of  America  Standards  Institute. 

Users  of  this  report  ire  invited  to  submit  comments  which  would  be  useful  in  revising 
or  adding  to  this  material  to  the  Director,  ECAC,  North  Severn,  Annapolis,  Maryland 
21402,  Attention  AC  X 

Reviewed  try 


$  iy\ 

R.  Mayher 
Project  Engineer 


V  L  i  (,u  i‘  - 

J.  M.  DETERRING  ( 

Director  of  Technical  Ojaerations 
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O.  NICHOLSON 
{J  Colonel,  USAF 
Director 


Clarence  E  Apple 
Lieutenant  Colonel  USA 
Deputy  Director 
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APPENDIX  I 

EQUIVALENT  LOW  PASS  FILTER  ANALYSIS 


This  analysis  will  consider  the  effect  of  a  linear  time  invariant  bandpass  filter  ori  the 
pulsed  interference  The  interfering  pulsed  spectrum  at  the  output  of  the  IF  filter  will  be 
symmetrical  or  unsymmetrica!  depending  upon  the  input  pulse  parameters  The  Fourier 
transform  of  the  output  spectrum  will  give  the  output  time  waveform  (references  29  and 
30). 


To  determine  the  output  time  waveform  analytically,  it  is  necessary  to  show  that  for 
any  given  narrowband  spectrum  of  a  real  signal,  the  real  and  imaginary  bandpass  and  low 
pass  equivalent  can  be  obtained.  This  will  enable  one  to  determine  the  amplitude  and  phase 
modulation  with  respect  to  a  particular  frequency  within  the  narrowband  spectrum 

First  it  will  be  shown  that  the  impulse  response  of  a  symmetrical  bandpass  filter  is  a 
modulated  signal  that  car  be  derived  from  an  appropriately  chosen  low  pass  filter.  These 
results  can  then  be  used  to  derive  the  output  time  waveform  for  a  given  symmetrical 
narrowband  spectrum.  Second,  these  results  will  be  extended  to  show  that  given  any 
narrowband  spectrum  of  a  real  signal,  the  real  and  imaginary  bandpass  and  low  pass 
equivalent  can  be  obtained.  From  this  the  amplitude  and  phase  modulation  with  respect  to  a 
particular  frequency  can  be  obtained. 

The  bandpass  filter  is  defined  as  a  system  function  whose  spectral  density  has 
significant  values  only  in  a  region  not  containing  the  origin  (Figure  I  la)  The  Fourier 
transform  of  the  impulse  response  of  a  symmetrical  filter  is  defined  as  the  system  function, 
Gs(u>)  That  is: 


Gj(co) 

=  C  gs(t)e  9~'dt 

(1  D 

=  X(co)  +  jy(co) 

(1  2) 

= 

(13) 

Since  Gs(cj 

)  and  g^t)  are  Fourier  transform  pairs 

9s<t> 

1 

2rr  -m  Gs(gj)  e  dco 

(1  4) 
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Considering  a  system  function  G,(u>)  as  a  sum 


Gj(cj)  =  G*(tj)  G,  (u) 

(15) 

where 

G;  (w)  =  Gj(cj)  U  (cj)  =  A,  (u)e 

(1  6a) 

G,  (cj)  =  Gj(cj)  U  (-cj)  =  A;  (u)e 

as  shown  in  Figure  1  1b. 

Since  g,(t)  is  a  reai  function  of  time 

(1  6b) 

G,M  =  G,*(-w) 

(1  7) 

and  therefore. 

G;  (w)  =  G,  *  (w) 

where  *  denotes  the  complex  conjugate 

If  the  system  function  is  symmetrical,  then 

(18) 

G*  (uj+aj0)  =  G,‘ ‘  (oj0 -u>) 

(1-9) 

G,  (cj-cj0)  =  G,  ’(-CJ0-U!) 

where  cj0  is  the  center  frequency. 

Therefore,  with 

d-10) 

G,‘M  =  A,  (cu)e'  ' 

(1  11) 

G,  (oj)  = 

(1  12) 

one  obtains 

A,(ou+cu0)  =  A,  (oj0-oj)  0,  (cj+u;0)  =  -0,(-u;o-u;)  (113) 

A3(ui-cj0)  =  Aj(-gj0-cj)  0j(cl)-u;o)  =  -0j(-u;o-u>)  (I  14) 
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Thus,  A,  (to)  and  A2(to)  are  even  functions  and  0,(to)  and  02(<o)  are  odd  functions  about 
the  center  frequency  toQ. 

The  system  function,  G,(to),  for  a  symmetrical  system  can  be  obtained  from  the 
equivalent  low  pass  function  That  is,  the  impulse  response  of  a  symmetrical  bandpass  filter 
of  center  frequency  toQ  is  given  by 

g,(t>  =  2g^s(t)  cos  to0  t  (115) 

where  g^,s(t)  is  the  equivalent  low  pass  filter  function.  This  is  easily  shown  by  considering 
the  fact  that  the  low  pass  system  function  GJcj)  of  Figure  I  2  is  obtained  by  shifting  G'  (to) 
in  Figure  I  2  to  the  left  by  u>Q.  That  is 

G^s(to)  =  G’  (to*to0)  (116) 

or 

G;(w)  =  GVs(<o-to0)  (117) 

It  is  also  evident  that  G^s(to)  can  also  be  obtained  by  shifting  G,  (to)  to  the  right  by  toQ. 

Gc,(<o)  G,  (to  toc'  (I  18) 

or 

G  s  (to)  =  GVs(co>to0)  (119) 

Due  to  symmetry 

Ggs(-to)  =  Gt*s(to)  (120) 

Using  the  property  of  the  shifting  theorem  and  Equations  16  and  18  one  obtains 

gts(t)e|wo'  * - *  G,‘M  (121) 

g5s(t)e  • - *  G,  (to)  (122) 

g^s(t)ei‘*'°*  +  g  fs(t)e  ♦ - ‘  G;  (to)  +  G,  <<*>)  d  23) 
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Figure  1-2.  Equivalent  lowpass  Filter  System  Function 
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but 

GtM(j)  +  G,-(w)  =  G.(cj)  - - *  9s<t)  (•  24) 

therefore 

9j(t)  =  gts<tHe'w°'  +  e  |w°']  =  2gts(t)  cos  u0t  (125) 

The  symmetrical  system  is  sufficient  for  handling  on  tune  pulse  interference  since  the 
product  of  the  syovnetrical  system  function  and  the  pulse  spectrum  will  produce  a  new 
function  symmetrical  about  u>Q.  However,  for  off  tuned  pulse  interference  the  product  ol 
the  system  function  and  the  pulse  spectrum  will  produce  an  unsymmetrical  function  about 
the  center  frequency  cjq. 

This  can  be  handled  by  expanding  the  result  obtained  for  the  symmetrical  case.  Writing 
G(tu)  as  in  the  symmetrical  case  (see  Figure  13)  we  have 

G(cj)  =  G  +  (tu)  ♦  G  _(cu)  (126) 

where  G+(tu)  and  G~(co)  are  defined  by  Equation  (16).  In  order  to  simplify  the  drawing 
only  the  real  part  of  G(to)  will  be  shown.  If  the  system  is  unsymmetrical  then  there  is  no 
clearly  defined  center  frequency,  u>0.  as  in  the  symmetrical  case. 

Choosing  cu0  as  any  frequency  in  the  passband  one  can  write  the  output  signal  of  a 
narrowband  waveform  in  complex  form  as 

g(t)  =  RC(A(t)e'*"’*  e"“o«  *  %')  (I  27) 

where  RC  means  take  the  real  part 

Aft)  =  slowly  varying  function  as  compared  to  cu0t 

<*>,(t)  =  slowly  varying  phase  function  as 

compared  to  cu0t 

cu0  =  carrier  frequency  in  radians 

dQ  =  carrier  phase 

Rewriting  g(t)  in  quadrature  form  gives 

g(t)  =  A(t)  cosdi(t)  cos  (cu0t  +  f?0)  -  Aft)  sin  0,(t)  sin  (co0t-K?0)  (128) 

=  2g^,(t)  cos  (u>ot  +  0o)  -  2 2 ( t )  sin  (cuot  +  0o)  (129) 
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(1  30) 

where 

2ge,(t> 

= 

A(t)  cos  <p( (t) 

(1-31) 

2gc,  (t) 

= 

Alt)  sin  0,(t) 

(1-32) 

Alt) 

= 

2lgt,(t)+g2fe2  It)] 

(1  33) 

*,(t) 

= 

tan'1  gt,(t)/gfi2(t) 

(1  34) 

letting 

9i  (t) 

= 

2gtl  It)  cos  (GJ0t  +  0Q) 

(1-35) 

9j(t) 

= 

2gCj  (t)  sin  (G;0t  +  0Q ) 

(1-36) 

then 

g(t)  =  g,(t)  +  g2(t) 

Since  g(t)  is  a  real  time  function  the  Fourier  transform  of  g(t)  can  be  written  as 

U-37) 

g(t)  ♦ - 

— *  G(gj)  =  G+ (gj)  +  G  (gj) 

(1-38) 

Since  g(t)  is  a  real  time  function,  g^(t)  and  g2(t)  are  also  real  time  functions  whose  Fourier 
transforms  are  given  by 

gift)  * - »  G,  (oj)  -  G|  (to)  +  G7  (w)  =  GSl  (co-cu0)ei,)o  +  GCl  (cu+0J0)e,fl‘>  (1-39) 

1 

-  g2(t)  ♦ - *  Gj(oj)  =  G5M  +  G2-  M  =  J  (Gfe(w-uJ0)piflo-GC2(cu+co0)e-|',o](l-40) 

wh?re  G^.jlw)  and  G,  2(gj)  indicate  the  positive  spectrum  and  negative  spectrurns  and 
(gj)  and  Gf2  (gj)  are  the  low  pass  equivalent  of  G ,  (u>)  and  G2  (g;),  respectively. 

In  order  to  evaluate  G(gj)  with  respect  to  some  frequency  cu0,  it  is  necessary  to  extract 
G,  (gj)  and  G2(gj)  from  G(gj)  with  respect  to  gjq. 

In  order  to  evaluate  the  spectrum  at  some  point  other  than  the  carrier,  say  Agj  from 
the  carrier  the  following  is  noted: 
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G*M  |  q.Uo.4u  ‘  G«,  *  Gj.l-iuile1*- 

G*M  I  «■*„♦**  ‘  J-  <5«a 


Without  lost  of  generality  0O  can  be  set  equal  to  zero  and  the  following  stated: 


Gt  (w)  I  4  g!  *M  I 

1  |  gj*gjq+Agj  1  |cj*cj0-Agj 

G+M  I  „  .A  “-Gt*M  I  A 

1  I  gu*gj0+Ag;  |  u)=cj0  —  Au 


(1-41 ) 
(I  42) 

(1-43) 

(1-44) 


This  states  that  the  positive  frequency  content  of  G,(gj)  is  symmetrical  or  has 
conjugate  symmetry  about  gj0,  whereas  G2  (gj)  is  unsymmetrical  or  has  anti-conjugate 
symmetry  about  u>0  as  depicted  in  Figure  1-4,  a  and  b.  G|  M  is  the  real  part  of  G(gj)  and 
Gj(cj)  is  the  imaginary  part  of  G(gj).  Therefore,  G} M  and  G*  (go)  can  be  obtained  by 
performing  the  following: 


Gf  (w) 

1  go=go0+Ago 

=  ’/jG+(cj) 

.A  +  v»g+*  (gj) 

co-goq+Ago 

G0=G0o- AgJ 

(1-45) 

Gt  M 

|  CJ=Gl)0+AgJ 

«  ’/iG+M 

aA  -’/,G+*(go) 
go=go0+Ago 

GJ=GJ0~ Ago 

(1-46) 

G|*(gj) 

1  go=go0- Ago 

=  V,  G+*(go) 

A  +  y>G+M 

go=goq-Ago 

co=co0+Aco 

=  G|(go)  iA 

'  go=go0+Aco 

(1-47) 

Gf  (go) 

I  co=go0-Ago 

=  y»G+*(uj) 

A  -  )4G+M 
go=goq-Ago 

go=co0+Aco 

-  — Gj(gj) 

go=goq+Ago 

(1-48) 

Define 

G7M  =  G|*  <-gj)  G7  (go)  =  G^  (~w)  d-49) 

G,(gj)  "  G}  (cu)  +  G7 (w)  «  G2(go)  =  G*(go)  +  G7(t«>)  (1-50) 
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From  Equation  (1-41)  and  (I  42)  one  obtains 


20^(0))  =  G}(cu+cj0)  +  G,  (cj-uj0) 

(1-51) 

2Gg2(u)  =  G2(cu+co0)  -  GJ7uj-cj0) 

(1-52) 

Thus,  GC)M  and  Gf2(u>)  are  spectrum  of  real  signals  with  (to)  corresponding  to  the 
modulation  on  cos  cu0t  and  Gg2(u)  corresponding  to  the  modulation  on  sin  u)Qt. 

Therefore,  given  any  narrowband  spectrum  of  a  real  signal,  one  can  obtain  the  real  and 
imaginary  bandpass  or  low  pass  equivalent  which  will  give  the  amplitude  and  phase 
modulation  with  respect  to  any  frequency  within  the  narrowband  spectrum.  The  general 
equation  for  the  time  waveform  of  the  narrowband  spectrum  is  given  by  Equation  (I  30)  as: 

g(t)  «  A(t)  cos  [cjot  +  0o  +  o((t)]  0-53) 

where 

A(t)  =  amplitude  modulation 

0(  ( t)  =  phase  modulation 

When  the  spectrum  is  even  G2(w)  and  thus  G^lto)  are  equal  to  zero  and  this  gives  an 
output  time  waveform  of  the  form: 

g(t)  =  2gCl  (t)  cos  oj0t  (1-54) 

where  0Q,  the  carrier  phase  angle,  has  been  assumed  equal  to  zero.  This  is  the  same  form  as 
Equation  (1-25)  which  was  obtained  for  the  symmetrical  system  function. 
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APPENDIX  II 

DETECTOR  ANALYSIS  FOR  AM  RECEIVER 


INTRODUCTION 

The  analysis  will  consider  the  effects  of  a  linear  envelope  detector  on  pulsed 
interference  and  band  limited  Gaussian  noise.  The  envelope  detector  is  assumed  to  be  ideal 
in  that  it  responds  only  to  the  amplitude  variations  and  not  to  the  phase  variations.  The 
appendix  is  divided  into  two  sections.  The  first  section  discusses  the  derivation  of  the  AM 
detector  equation  used  in  the  computer  simulation  model.  The  second  section  discusses  the 
derivation  of  a  series  expansion  form  of  an  AM  detector  output  for  a  large  interfering 
carrier  to- noise  ratio. 

COMPUTER  SIMULATION  DETECTOR  MODEL 

The  computer  simulation  model  obtains  the  desired  signal  at  the  detector  input  by 
taking  the  inverse  Fourier  transform  of  the  low  pass  equivalent  IF  filter  transfer  function, 
H(cu),  multiplied  by  the  IF  input  low  pass  equivalent  of  the  desired  signal  spectrum,  Vs(u>). 
It  can  easily  be  shown  that  the  lowpass  equivalent  of  the  desired  signal  at  the  detector  input 
is  given  by 

Xs(t)  =  J~'  H(cu)Vs(cu)  (111) 

=  X„(t)  +  jX,(t)  (Ilia) 

where 

XR(t)  =  As(1+Mscos(wst  +  M)  (II  2a) 

X,  (t)  =  0  (II  2b) 

and 

As  =  The  amplitude  of  the  desired  signal  at 

IF  output 

ms  =  The  desired  signal  modulation  index  after 

IF  filtering 
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u>%  =  The  frequency  of  the  desired  modulating  tone 

in  radians 

i^  =  The  phase  shift  of  the  information  after 

IF  filtering 

The  desired  bandpass  signal  (reference  31}  is  given  by: 


V,(t) 

(1-  3a) 

« 

Re  |(XW  (t)  ♦  j X,  (t)!  [co$uJ0t  +  j  sin  tJ0t]| 

(II  3b) 

= 

XR  (t)  cos  cu0t 

(II  3c) 

= 

As  ( 1 +  MS  cos  (cjjt  +  C'H  cos  tuQt 

(II  3d) 

where 

uo 

The  desired  signal  carrier  frequency 
in  radians 

The  computer  simulation  model  obtains  the  undesired  signal  at  the  detector  input  by 
taking  the  inverse  Fourier  transform  of  the  low  pass  equivalent  IF  filter  transfer  function, 
H(gj),  multiplied  by  the  IF  input  low  pass  equivalent  of  the  pulsed  interfering  signal 
spectrum,  Vt(cu),  plus  the  noise  spectrum,  Vn(a>).  It  can  easily  be  shown  that  the  low  pass 
equivalent  of  the  undesired  signal  at  the  detector  input  is  given  by 

Vn<«> 

7  H(w)[V|(u;)  + Vn(uj>] 

(11-4) 

= 

Y„(t)  +  jY,(t) 

(II  4a) 

The  undesired  bandpass  signal  is  given  by 

Vn<»  '  OW'.'""'} 

(II  5a) 

= 

Re{(YR  (t)  +  j Y( (t)]  [cos  w0t  +  j  sin  wQt]| 

(II  5b) 

= 

YR  (t)  cos  cu0t  -  Y(  (t)  sin  u;0t 

(II  5c) 
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Since  Yw  (t)  and  Y((t)  represent  real  and  imaginary  time  dependent  vectors  in  a  rectangular 
coordinate  system,  they  may  be  written  in  polar  coordinate  form  as 

Yh  (t)  =  A(t)  cos  <p( t)  (11-61 

Y(  (t)  =  A(t}  sin  c>(t)  (H-7) 

where 

A(t)  =  V Y*  (t)  ♦  Y*(t) 

Therefore,  the  undesired  bandpass  signal  is  given  by 

VUN<t)  *  A < t)  [cos  <?(t)  cosu;0t  sin<?(t)  sin  u)Qt]  (118) 

Equation  (118)  may  be  rewritten  as 


V|  +  N(t> 

where 

0(t) 

0\{l) 


and 


Alt) 


Au 


e. 


0,(t) 


Alt)  cos  [u.Qt  ♦  0(t) ) 


(119) 


AuA  *  ♦  0'  (t) 

d,(t)  -  AuA 


The  undesired  signal  amplitude  modulation 
after  IF  filtering 

The  frequency  difference  between  the  desired 
and  undesired  carriers  in  radians 

Phase  difference  between  desired  and  undesired 
carriers  after  IF  filtering  (phase  angle  of 
desired  carrier  =  0°) 

Undesired  signal  phase  modulation  after 
IF  filtering 
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Therefore,  the  undesired  bandpass  signal  is  an  amplitude  and  phase  modulated  signal. 

The  desired  plus  undesired  signal  at  the  detector  input  is  obtained  by  adding 
Equations  ( 1 1 -3d)  and  (II -5c),  and  is  given  by 

V(t)  =  Vf(t)  ♦  Vl+N(t)  (1110a) 

-  lX„(t)*Y„(t)]  cosu0t  -  Y((t)sinu0t  (1110b) 

The  output  of  the  linear  detector  will  then  be  the  envelope  of  V(t)  and  is  given  by 

Vd(t)  =  {  (XR(t)  ♦  y„(t))^V;(t)|4  (1111a) 

=  ^  [Aji  1  ♦  MjCos  (ust  +  C1) 1  +  A(t)  coso(t)) 3 

♦  |A(t)  sin  ^(t)] 3 ’  (1111b) 

SERIES  EXPANSION  OF  DETECTION  OUTPUT 

In  order  to  obtain  a  better  understanding  of  the  degradation  caused  by  the  pulsed 
interference.  Equation  (II  11)  should  be  in  a  form  that  separates  the  pulsed  interference 
components  from  the  desired  signal  components.  This  can  be  accomplished  by  considering  a 
large  interfering  carrier  to  noise  ratio  so  that  noise  may  be  neglected  and  arranging  the 
detector  output  equation  in  a  form  that  can  be  expanded  in  a  series  for  Ag>  A(  and  A|  >Ag 

For  A<j  >  Aj 

The  equation  for  the  interfering  signal  at  the  detector  input  is  given  by 

V I ( t)  =  A  (t)  cos  (uj0t  +  <5(t)]  (II  12) 

where 

A ( t)  =  A,  p(t) 

Aj  =  The  amplitude  of  the  interfering  signal  at 

IF  output 

p(t)  =  The  amplitude  modulation  of  the  pulsed 

interfering  signal  plus  the  amplitude 
transients  caused  by  the  IF  filter 
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Expanding  V j < t)  and  adding  the  desired  signal  given  in  Equation  (II  3d)  gives 

V(t)  =  Vj(t)  ♦  V|(t)  -  [A$  1  +  Ms  cos  (u;st  +  i^i  +  A|p(t)  cos  p(t))  cos  u;0t 

(A,p(t)  sin  p(t))  sin  u;0t  (II  13) 


The  output  of  the  linear  detector  will  then  be  the  envelope  of  V (t )  and  is  given  by 
Vd(t)  =  <|  (Aji  HMj  cos  (cjjt-r  p)'  +  A,p(t)  cos  o(t ) )  3  +  [ Ajp(t)  sin <p(t) ) 3  j>  (II  14) 
Multiplying  Equation  (II  14)  inside  the  square  root  by 


A^l  UMscos(cust  ♦  v)) 
A^[  1  ♦MJcos(u;st*  v)l 


^ives 


A|P( t )  cos  0(  t ) 


Vd(t)  =  AslMWIscos(uJ5fCr)l  S  1  ♦  A  [14 


Ajp(t)  sin  0(t) 

A$[  1  *Mscos(cust  ♦v) 


1 


1  •* MjCosIcJjt  -i  J/) 


L 

?1  % 


(II  15) 


Equation  (II  15)  can  be  expanded  in  a  power  series  in  (A(/Ag)  and  the  higher  order  terms 
neglected  since  we  let  A^>  A|  The  Taylor  expansion  of  the  square  root  term  of  Vd(t) 
can  be  represented  as 


1,2 


v  bJ  x 

[( 1  +ax)3  ^-b3  x3 )  1  -  1+nx* -  + 

2 

Therefore,  Vd(t)  becomes 


(II  16) 


Vd(t)  *  As(  l+MjCoslaijt  +v))  c  1 

l 


A,p(t)  cos  <Mt) 

As[  1  +  MjCOS  (u2$t  +  J/)] 


+  V, 


A|P(tl  S*n  $(t) 

As(  1  •rMscos(u;st  +w)]  J 


(II  17a) 
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(II  23) 
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The  output 
Vd(t)  - 


of  the  linear  detector  will  then  be  the  envelope  of  V(t>  and  is  given  by 


*  I  lA|p(t)  +  Asil+Mscos  (wst+M‘  cos  0(t)] 2 
+  [Asl1+Mscos(wst+  M'  sinb(t)]2j  h 

[A|P(t|]  2  .  c 

Multiplying  Equation  (II  24)  inside  the  square  root  by  |^jj  9'ves 


(II  24) 


Vd(0 


(II  25) 


Equation  (1.-25)  can  be  expanded  in  a  power  series  in  (A^/A,)  and  the  higher  order  terms 


neglected  since  we  let  A|  >  Ag  The  T^y.or  expansion  of  the  square  root  term  of  Vd(t, 
can  be  represented  as 

,  .  ......  b2x2  A  (II  26) 

[(1  +  ax)2  +b2x2 


V  u  " 

/j  =  1  +  ax  +  — —  + 


Therefore,  Vd(t)  becomes 


AJ1+M.  cos  (uct  +  Cr>)  cos«(t) 
Vj(t)  -  A|Pltl(H-J - 5 - * - 


And: 


vH(t> 


Ajp(t) 


+  % 


A.[1+Mpcos  (cj«t  +  Ml  Mt) 

S _ —5 - ■ — * - - - 


A  |  p(t) 


Ajp(t) 


+  AJ1+M,  cos  (a)st  +  M  cos  d(t)] 


+  __^S_  [i  1+M.cos  (wst  +  M'  2  sin20'‘)l 


2A|F<t) 


II  8 
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Equation  (I1  28)  can  be  reduced  using  the  following  trigometric  idenities 

COS  (tJjt  +  l//)  COS  0(t)  =  ’/a  ^COS  [(cjjt  +  ^)  +  0(t(] 

+  cos  (|cJst  +  ^)  -  «?(t)]| 

COS1  (uljt  +i^)  =  Vi  +  ’/a  cos  2  (cjjt  +  C' ) 

Sin20(t)  =  ’/a  —  14  cos  2  0< t) 


(II  29a) 
(II  29b) 
(II  29c) 
(II  29d) 


Then: 


M. 


IVI_ 

Vd(t)  ^  Ajp(t)  +  A$  <coso(t)+  *  cos  [(tJst  +  i^)  +  o(t) ) 


M 


I VI  _ 

+  — 5  cos  ( <0J,t  +  C/)  -  0(t)J 


2 

A  2 


*  al_ ; 

2A|P(t)  )  ■ 
l  l 


1  + 


M  2 


M. 


IVI- 

+  Ms  cos  (cu$t  +(//)+  — *-  cos  2  (cost  +| l/) 


I  M  2  i  M. 

Vi  1  +  I  cos  2<Mt)  -  cos  |  (wst  +  ^)  +  20(t)] 

M  ,  ,  M  2 

-  -5-  cos  ( (co  t  -*■  v)  -  20(t))  -  — f-  cos  2  |(u>ct  +  \J/)  4  <i(t) ) 
*  8 


2 

M  2 

-f  cos  2  [(c^t  +  i^)  -  <>(t) 
8  5 


(II  30) 


Normalizing  V^lt)  by  A|  and  substituting  for  0(t)  the  detector  output  equation 
becomes 


Ml 


r  IVI 

p(t)  +  Rs  cos  [Awt  +0„+  <*>, ' (t)]  +  ^  cos  [(u>st  +  4/)  +  { Acot  +  0O+  0, '  (t)] 

M.  I 

+  —  cos  [(u^t+^MAcut+Bo+d,  (t))]j 


Rs2 
+  — S_ 


2p(t) 

M  2 


’/a 


1  + 


M. 


+  M$  cos  (u)st  +  \p) 


+  — *-  COS  2  (co.t  +  \p)  -  ’/a 
4  s 


1  + 


2  I 


cos  [Acut  +0O+  4>t  1  (t)] 
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s 

~2  cos  P)  +  2  (Awt+e#+0(*(t))] 

M. 

~  -f  cos  [(wst+  *)  -2|Awt+e0+  0, 1  (t))] 

M  2 

g  cos  2l(«st  +  M  +  (Awt  +e0+  1  (t))] 

M  2  -I 

g  c°s2((GJst+  -  (Acut  +e0+  0, 1  (t))]  > 


where  R$ 


(11-31) 
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APPENDIX  ill 

BASIC  AM  PULSED  DEGRADATION  DATA 

This  appendix  documents  the  basic  pulsed  degradation  data  obtained  in  this 
investigation.  Table  6-1  summarizes  the  data  parameters  and  the  figure  numbers  correspon 
ding  to  their  location. 
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Figure  III  12  Articulation  Index  for  Pulsed  Interference  to  an  AM  Receiver 
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Figure  III  36.  Articulation  Score  for  Pulsed 
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Figure  III  39.  Articulation  Score  for  Pulsed  Interference  to  an  AM  Receiver 


RCVR  No 


Articulation  Score  for  Pulsed  interference  to  an  AM  Receiver 


0  'IV 


iculation  Score  for  Pulsed  Interference  to  an  AM  Receiver 


Articulation  Score  for  Pulsed  Interference  to  an  AM  Receiver 


CVH 


nterference  to  an  AM  Receiver 


•0  -40  -20 


Appendix  III 


eceiver 
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Articulation  Index  for  Pulsed  Interference  to  an  AM  Receiver 
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Figure  III  85  Articulation  Index  for  Pulsed  Interference  to  an  AM  Receiver 
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Figure  III  103.  Articulation  Index  for  Pulsed  Interference  to  an  AM  Receiver 
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Fi^jre  III  111.  Power  Transfer  Curves  for  Pulsed  Interference  to  an  AM  Receiver 
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Transfer  Curves  for  Pulsed  Interference  to  an  AM  Receiver 
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Figure  IIM  17.  Power  Transfer  Curves  for  Pulsed  interference  to  an  AM  Receiver 
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Figure  111*126  Power  Transfer  Curves  for  Pulsed  Interference  to  an  AM  Receiver 


PICT  PUL SI 


X)  -SO  -60  -40  -20  0  20 

[s/(N*04  I)p_  ]o  IN  dB 

Figure  111127.  Power  Transfer  Curves  for  Pulsed  Interference  to  an  AM  Receiver 
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Figure  111-134.  Power  Transfer  Curves  for  Pulsed  Interference  to  an  AM  Receiver 
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Figure  III  135.  Power  Transfer  Curves  for  Pulsed  Interference  to  an  AM  Receiver 
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Figure  III  137.  Power  Transfer  Curves  for  Pulsed  Interference  to  an  AM  Receiver 
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Figure  111-140.  Power  Transfer  Curves  for  Pulsed  Interference  to  an  AM  Receiver 
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Figure  III  141  Power  Transfer  Curves  for  Pulsed  Interference  to  an  AM  Receiver 
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Figure  111-146.  Power  Transfer  Curves  for  Pulsed  Interference  to  an  AM  Receiver 
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Figure  III  147.  Power  Transfer  Curves  for  Pulsed  Interference  to  an  AM  Receiver 
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Transfer  Curves  for  Pul*d  interference  to  an  AM  Recetver 
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Figure  111-158.  Power  Transfer  Curves  for  Pulsed  Interference  to  an  AM  Receiver 
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APPENDIX  IV 

DEGRADATION  MEASURES 


GENERAL 

The  following  is  »  discussion  of  how  the  baseband  output  (desired  and  undesired 
signals;  is  measured  to  evaluate  performance  degradation  of  voice  and  digital  systems. 
Reference  32  contains  a  general  discussion  of  this  topic 

This  report  specifically  considers  AM  receiver  degradation  lor  voice  systems.  However 
the  receiver  simulation  model  includes  the  basic  structure  through  the  baseband  filter, 
required  for  any  AM  system  subjected  to  pul*d  interference  It  is  therefore,  necessary  to 
only  add  appropriate  digital  and  ar  alog  degradation  measures  (to  the  simulation  model)  to 
evaluate  the  AM  receiver  with  digital  and  analog  modulation 

The  “complete'  mathematical  modeling  of  a  system's  performance  is  the  end  objective 
of  a  prediction  analysis  However  there  does  not  exist  one  complete  mathematical 
operation  for  analyzing  all  types  of  system  performances  and  the  best  that  can  be 
accomplished  is  to  use  the  measures  that  are  most  appropriate  lo  a  particular  system  (i.e  , 
mean  square  measures,  probability  measures,  etc  )  The  basic  difficulty  is  to  determine  whal 
exact  type  of  evaluation  should  be  associated  with  mtprferor.ce  degradation  Although 
considerable  research  has  been  conducted  on  performance  degradation  evaluation  the 
desired  outputs  for  receiving  systems  still  reduce  to  a  few  basic  types  In  particular,  for  voice 
systems.  Articulation  Score  (the  percent  of  words  correctly  recetved)  is  still  used  as  the  main 
intelligibilitv  standard.  For  distal  systems  the  probability  of  detection  and  probability  of 
false  alarm  are  desired  For  analog  signals,  the  mean  square  error  (or  the  RMS  error)  is 
usually  desired. 

The  following  discussion  will  specifically  examine  the  performance  measures  of 
articulation  score,  articulation  index,  CORODIM  and  minimum  interference  thresholds  for 
voice  systems.  Performance  degradation  of  digital  systems  will  be  examined  in  terms  of  error 
probabilities  as  an  example  of  how  to  extend  the  model  developed  in  this  report  to  other 
types  of  modulation 

ARTICULATION  SCORE 

The  basic  measure  of  the  intelligibility  of  a  voice  system  is  in  terms  of  the  percent  of 
words  correctly  understood  over  a  channel  perturbed  by  interference.  This  measure  has  been 
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designated  at  an  articulation  score  (AS)  and  is  usually  conducted  witti  specific  types  of 
words  or  syllables  as  well  as  specific  system  parameters  In  an  attempt  to  define  the  mam 
voice  parameters  that  are  involved  workers  m  the  field  have  conducted  experiments  by 
varying  (at  audio  frequencies)  the  word  content  bandwidth  audio  (S/N)  and  the  type  of 
talkers  and  listeners  that  are  involved  Through  the  above  experiments,  articulation  scores 
have  been  obtained  as  functions  of  the  above  variables  and  as  one  would  expect,  the  scores 
increased  with  increasing  bandwidth  number  of  syllables  in  the  words  speaker  listener 
familiarity,  and  audio  (SNI 

If  the  receiving  system  is  subiected  to  a  range  of  distortion  or  masking  conditions  the 
AS  may  then  be  determined  as  a  function  of  the  mtertenng  condition  Figure  IV  1  presents 
typical  AS  curves  for  different  PB  (phonetically  balanced)  word  groupings  in  which  the 
interference  was  white  noise  of  variuus  bandwidth*  (reference  33).  White  noise,  which 
contains  a  continuous  uniform  spectrum  is  one  of  the  mosl  effective  maskers  of  speech  and 
is  often  used  in  ipeech  intell<9b*lity  studies  a*  •  standard  or  reference  interference 

The  articulation  tntmg  procedure  is  not  simple  nor  has  it  always  been  standardized 
Because  it  deals  with  the  performance  of  human  beings,  the  lests  can  yield  variable  results  in 
individual  cases  when  improper  statistical  safeguards  are  not  taken  It  is  generally  necessary 
to  use  a  number  of  listeners  in  order  to  obtain  statistically  meaningful  results  Proper 
conduct  of  the  test  is  tedious  and  time  consuming  The  situation  is  aggravated  by  the 
necessity  of  a  training  program  for  the  listeners  in  order  to  eliminate  the  improvement  noted 
for  successive  tests  of  most  word  lists  The  test  procedures,  the  material  that  is  used,  as  well 
as  the  techniques  employed  to  measure  the  averagp  power  of  the  desired  and  undesired 
signals  vary  between  mvesti^tors 

Nevertheless,  the  tests  provicV  the  most  valid  ob»ective  method  available  for  evaluating 
the  mtelligibilitv  of  speech  communication  components  or  systems  When  the  AS  tests  are 
carefully  organized,  the  scores  are  repeatable  68^  of  the  time  within  a  2  dB  data  spread. 

This  test  was  used  as  the  basic  standard  of  intelligibility  for  this  study.  However,  since 
this  method  cannot  be  mechanized,  it  is  advantageous  to  use  other  techniques  that  allow 
machine  computation  A  number  of  these  techniques  will  be  subsequently  discussed 

SPECTRAL  APPROACHES 

There  are  a  number  of  approaches  that  obtain  a  measure  of  the  effects  of  undesired 
signals  on  speech  communications  systems  by  calculation  and/or  instrumentation  of  a 
criterion  measure  in  each  of  a  number  of  bands  in  the  yeech  frequency  spectrum  Included 
within  the  approaches,  besides  the  better  known  articulation  index  (Al),  are  formant 
intelligibility  and  pattern  correspondence  index  (PCI). 
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Figure  IV  1.  Articulation  Score  versus  Noise  Interfi 
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All  these  methods  operate  on  the  short  term  power  spectrum  to  obtain  a  performance 
measure  of  speech  Baecaily.  the  procedures  stem  from  the  original  work  of  French  and 
Stemburg  that  led  to  the  concept  of  articulation  index  (Al)  (reference  34).  This  eflort. 
essentially,  determined  that  one  can  divide  the  speech  spectrum  into  N  contiguous  bands 
which  contribute  equally  to  inteflipbility  (in  terms  of  AS).  The  method  ideally  assumes 
there  are  ne^igibfe  effects  on  mteiliybility  due  to  the  speech  sounds  from  one  band 
masking,  or  in  some  way  affecting,  sound  components  of  another  band.  Effects  of  noise  and 
other  factors  (interference  distortion)  prevent  these  bands  from  making  their  full 
contribution  to  mtetlirptxi'ty  The  intensity  of  speech  vanes  according  to  the  band.  For 
these  and  other  reasons  a  westing  factor  must  be  included  for  each  band  in  recognition  of 
the  fact  that  some  bands  do  riot  make  their  maximum  possible  contribution  to  the  speech 
intelligibility  The  westing  factors  vary  for  each  band  according  to  the  ratio  of  the  speech 
energy  (in  that  band)  to  the  hearing  threshold  When  the  speech  energy  level  in  the  band  is 
30  dB  or  more  above  the  threshold  level  it  contributes  its  maximum  value  and  hence  has  a 
unit  wwi^ting  factor  When  the  speech  energy  level  is  between  0  and  30  dB  above  the 
threshold,  the  band's  contribution  is  m  proportion  to  its  maximum  as  its  level  is  to  30  dB. 
When  the  energy  level  is  below  the  threshold  there  is  no  contribution  and  the  weighting 
factor  vanishes  These  weighting  factors  are  additive  and  the  sum  can  be  used  with  empirical 
curves  to  determine  the  corresponding  articulation  score 

The  French  and  Stemburg  method  is  however,  slill  fairly  complex  and  hence  simpler 
methods  have  been  developed  T next  procedure  to  be  discussed,  the  tonal  method, 
asserts  that  the  mtelliqbilitv  of  speech  depends  not  on  the  absolute  magnitude  of  speech 
and  undetired  vqrai  intensifies  but  rather  on  the  amount  by  which  the  speech  exceeds  the 
auditory  threshold  i«rel  for  a  particular  type  of  no»ae  This  perception  level  is  determined  in 
each  of  20  equally  contributing  bands  covering  100  to  10.000  cps  for  standardized  speech 
and  particular  undesired  signals  The  tonal  method.  "Formant  intelligibility"  (reference  35) 
has  the  property  o*  additivity  such  that  the  cwerall  intelligibility  is  the  sum  of  the 
contributions  from  each  bend 

The  formant  intel  I  Ability  process  is  readily  automated  by  feeding  pure  tones  from  an 
artificial  voice  source,  one  at  a  time,  to  each  of  the  n  channels.  Listeners  then  measure  the 
excess  noise  in  each  band  by  attenuating  the  standard  test  signal  until  it  is  barely  audible. 
The  formant  mtelli<pb»litv  can  then  be  related  to  syllabic  intelligibility  by  empirically 
obtained  curves  The  importance  of  this  method  is  tfwit  it  eliminates  most  of  the  variabilities 
associated  with  the  transmission  process  and  eliminates  the  AS  scoring  procedure.  It  does 
not.  however,  eliminate  the  listener  as  the  end  subjective  evaluator. 

Other  methods  have  therefore  been  developed  which  measure  the  effects  of  the 
undesired  sit^als  without  subjective  listener  evaluation  Two  of  these  other  methods  have 
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led  to  the  development  of  testing  machines  by  General  Electronics  Labs  (GEL)  based  upon 
die  assumption  that  speech  intelligibility  resides  principally  m  the  dtort  time  vacuum 

The  first  machine  measures  s  number  called  the  pattern  correspondence  index  (PCI ) 
(reference  36)  This  number  >s  an  index  of  the  correspondence  of  the  spectrum  patterns  of 
the  interfered  and  non- interfered  cases.  The  PCI  is  actually  obtained  by  taking  the  werage 
difference  between  three  recorded  sentences  and  the  transmitted  interfered  sentences  The 
PCI,  theoretically,  hat  a  mono  tonic  relationship  to  articulation  score  and  should  be 
calibrated  or  tested  for  specific  types  of  undeored  signals  The  device  has,  at  least,  been 
calibrated  for  white  noise.  It  is  postulated  that  this  curve  or  type  of  curve  is  universal  as  a 
function  of  signal  to- noise,  independent  of  the  type  of  interference  If  AS  versus  noise 
curves  art  available  for  the  particular  undesired  signal  case  being  investigated,  a  direct 
translation  between  PCI  and  AS  can  be  made  This  machine  uses  an  autocorrelation  measure 
of  the  desired  signal  and  the  corrupted  output  Therefore  except  for  possible  mechanical 
deficiencies  this  approach  is  adequate  or  inadequate  depending  on  how  optimum  this 
measure  it  for  the  particular  interference  being  considered 

The  other  machine,  produced  by  GEL  to  mechanically  measure  voice  intelligibility,  it 
called  the  Voice  Intelligibility  Analysts  Set  (VI  AS)  (references  ?*>  and  37)  This  device  also 
operates  on  the  principle,  previously  described,  of  dividing  the  spectrum  into  a  number  of 
unequal  bendwtdths  (14)  and  measuring  the  relative  desired  to  undesired  signal  ratio  relative 
to  the  hearing  threshold  The  sum  of  the  contributions  from  each  band  is  then  averaged  over 
all  14  bands  to  produce  the  composite  Al  The  14  VIAS  frequency  bands  are  shown  in 
Figure  IV  2  and  the  calculation  of  Al  is  depicted  graphically  in  Figure  IV  3  In  order  to 
perform  this  basic  calculation,  a  synthet>*  desired  speech  signal  which  consists  of  a  triangle 
modulated  960  cycle  tone,  is  transmitted  ever  the  test  channel  and  is  then  measured  by  the 
recording  portion  of  the  device,  in  order  to  determine  repreeentatrve  speech  levels  in  the  14 
bands.  The  average  power  (over  a  17  sec  period)  of  the  undesired  signal  in  the  14  bands  is 
then  measured  and  from  knowledge  of  the  average  desired  signal  in  that  band,  the  desired  to 
undesired  signal  ratio  is  computed  The  articulation  index  is  then  computed  by  summing  the 
contribution  from  each  of  the  14  bends  VIAS  incorporates  empirically  derived  correction 
factors  to  account  for  the  upward  spread  of  masking  This  is  the  phenomena  in  wrttich 
interference  at  a  low  frequency  masks  a  hitter  frequency  portion  of  The  voice  spectrum. 
Correction  must  also  be  inserted  for  the  receiver's  frequency  characteristics.  The  degree  of 
correction  must  be  determined  by  mem/ remen  t  on  the  system  and  then  inserted  manually. 
Reference  25,  Appendix  II.  discusses  this  correction  factor  in  detail.  The  important 
difference  between  the  Al  machines  and  the  tonal  method  is  the  simplification  to  one  test 
si^sel  end  the  elimination  of  the  subjective  evaluation.  This  method  implies  that  interfering 
effects  are  independent  and  consequently  additive.  This  last  statement  it  e^iecially  critical 
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Figure  IV  3.  Theoretical  Calculation  of  At  Score 
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since  the  use  of  a  number  based  on  this  technique  even  for  the  simplest  use  (i.e  ,  that  of 
system  comparison  and  not  performance  measurement)  requires  validation  for  situations  in 
which  the  noise  is  not  additive. 

Another  device  that  automatically  calculates  the  Al,  in  a  slightly  different  manner,  is 
the  Speech  Communications  Index  Meter  < SCI M)  produced  by  Bolt,  Beranek  and  Newman, 
Inc.  (reference  38)  The  basic  difference  between  this  device  and  VI AS  is  the  manner  in 
which  the  synthetic  voice  signal  is  generated.  In  the  SCIM  machine,  a  noise  spectrum  is 
transmitted  that  has  been  frequency  filtered  or  shaped  to  correspond  to  the  average  voice 
spectrum.  This  signal  is  then  filtered  into  nine  frequency  bands  and  used  to  compute  the 
desired  to  undesired  signal  ratios.  This,  therefore,  ideally  has  an  advantage  over  VI AS  in  that 
the  actual  synthetic  signal  power  in  band  N  is  used  and  not  an  extrapolation  of  that  signal 
The  SCIM  machine  also  takes  into  account  the  upward  spread  of  masking  eflect. 

A  new  version  of  the  automated  Al  calculator  is  the  PSI/COMP  machine.  The 
performance  of  this  machine  should  be  very  similar  to  the  SCIM  machine  since  it  employs 
the  same  basic  signal  processing. 

Degradation  measurements  involving  a  large  number  of  parameter  variations  (PW,  PRF, 
etc.)  were  desired  for  this  investigation.  Because  of  the  time  involved  in  testing  AS  with  all 
these  parameter  variations,  it  was  desired  to  use  an  automated  measure.  The  VIAS  Al 
scoring  machine  was  subsequently  chosen  for  these  measurements.  This  device  was  chosen 
because  preliminary  investigation  had  shown  that  the  PSI/COMP  machine  (and  probably 
SCIM,  since  they  are  very  similar)  did  not  appear  to  respond  correctly  to  pulsed 
interference. 

Another  concept  called  CORODIM  (Correlation  of  the  Recognition  of  Degradation 
with  Intelligibility  Measurements)  has  recently  been  developed  (reference  39).  This 
technique  is  similar  to  the  previous  methods  in  that  the  baseband  power  spectrum  is  again 
used  as  a  basic  measure.  It  differs  from  other  automatic  intelligibility  measuring  techniques 
in  that  it  transmits  a  test  signal  composed  of  speech-like  sounds  representative  of  phomeme 
consonants.  The  degradation  manifests  itself  as  an  "effective  noise  spectrum”  which  is 
measured  and  matched  to  one  of  a  library  of  reference  noise  spectra.  For  each  reference 
spectrum,  data  are  stored  relating  phoneme  recognition  probability  to  speech  to-noise  ratio. 
Thus,  by  means  of  the  spectrum  matching  operation  and  a  measurement  of  signal  to-noise 
ratio,  each  component  sound  of  the  test  signal  is  assigned  a  probability  of  recognition.  These 
values  are  weighted  by  phoneme  probability  of  occurrence  factors,  summed  and  normalized 
to  obtain  a  score  representative  of  word  intelligibility  based  on  either  initial  or  final 
consonant  recognition.  CORODIM  evaluates  scores  for  both  the  initial  and  final  consonants 
and  takes  their  product  for  the  overall  word  intelligibility  score. 
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The  scores  obtainable  from  CORODIM  are  directly  comparable  to  listener  panels, 
according  to  Philco,  the  developer.  If  sufficient  audio  spectra  have  been  pretested,  the  AS 
results  from  CORODIM  should  also  be  valid  for  most  (but  not  necessarily  all)  interfering 
signals.  This  technique,  therefore,  has  an  important  theoretical  advantage  over  all  previous 
automated  scoring  techniques. 

This  technique  was  not  used  in  this  investigation  and  has  been  discussed  because  of  its 
potential  use  in  future  voice  degradation  problems.  In  particular,  it  should  be  apparent  that 
it  is  only  necessary  to  couple  the  CORODIM  process  with  the  simulated  receiver  output  to 
obtain  simulated  AS  scores. 

MINIMUM  INTERFERENCE  THRESHOLDS 

A  degradation  threshold  level  is  by  implication  the  level  at  which  the  interference  is 
first  observed.  For  the  audio  case  being  considered,  the  minimum  interference  threshold  is 
the  level  at  which  the  pulsed  interference  is  first  heard.  Since  this  level  is  obtained  through  a 
subjective  evaluation  there  is  an  inherent  variability  due  to  the  human  observer  and  also  one 
due  to  the  manner  in  which  the  threshold  is  defined  to  the  observer  In  particular,  the 
threshold  level  can  be  determined  by  decreasing  or  increasing  the  interference  level  relative 
to  a  fixed  desired  signal  level.  In  the  first  case  the  test  begins  with  very  noticeable 
interference  and  stops  when  the  interference  is  just  perceptible  In  the  second  case  the 
interference  is  increased  until  the  subject  records  that  the  interference  was  first  heard  The 
first  method  is  more  repeatable  than  the  second,  although  care  must  be  taken  to  insure  that 
the  level  recorded  is  indeed  the  last  level  that  can  be  heard.  This  is  easily  implemented  by 
allowing  the  subject  to  adjust  the  interference  level  plus  and  minus  the  threshold  level  to 
definitely  determine  that  the  interference  was  and  was  not  heard. 

The  test  can  also  be  made  without  the  presence  of  a  desired  signal.  This  type  of  test 
would  be  used  for  high  fidelity,  TV,  or  stereo  systems  where  the  presence  of  interference 
during  the  time  the  desired  signal  is  absent  may  be  unacceptable.  A  lower  threshold 
interference  level  would  be  required  for  this  case  than  if  the  desired  signal  were  present  since 
the  desired  signal  aids  in  maksing  the  presence  of  the  interfering  pulse. 

The  validity  of  this  type  of  measurement  is  shown  in  Reference  40.  Two  separate 
listening  crews  were  used  to  determine  the  threshold  of  perceptability  (minimum 
interference  threshold)  for  speech  masked  by  noise.  One  crew  contained  three  experienced 
listeners  and  the  other  contained  eight  inexperienced  listeners.  The  signal  (speech) -to-noise 
ratio  (S/N)  was  then  adjusted  by  each  listener  until  he  obtained  the  threshold  of 
perceptability.  With  the  exception  of  one  individual  in  the  crew  of  eight,  the  maximum 
variation  in  the  S/N  ratio  required  by  each  listener  was  3  dB.  The  average  difference  in  S/N 
betvreen  the  two  crews  was  less  than  1  dB. 
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The  minimum  interference  threshold  approach  was  also  used  for  this  pulsed 
degradation  investigation  because  it  is  repeatable  and  because  it  defines  the  region  between 
no  interference  and  slight  interference 

ERROR  PROBABILITIES 

The  evaluation  of  digital  performance  measures  basically  consists  of  computing  error 
probabilities  In  a  general  sense  this  consists  of  evaluating  the  categories  of  false  acceptance 
and  false  dismissal  In  the  simplest  type  of  detection  problem  (single  alternative  decision), 
false  acceptance  is  equal  to  the  probability  of  false  alarm  while  that  of  false  dismissal  is 
equal  to  the  quantity  e  minus  the  probability  of  detection.  These  can  be  considered  by 
simply  examining  the  probability  densities  for  noise  alone  and  for  signal  and  noise  at  the 
receiver  output  (see  Figure  4  22).  In  this  figure  Qn(x)  refers  to  output  noise  distribution 
density  while  Pn(x)  is  the  output  distribution  density  when  signal,  noise  and  interference  are 
present.  The  false  alarm  probability  a'  is  the  area  of  Qn(x)  above  the  decision  threshold  K'. 
The  area  of  Pn(x)  above  the  threshold  K'  is  the  probability  of  detection.  One  minus  this 
value  or  the  area  of  Pn(x)  below  the  threshold  K'  is  the  false  dismissal  probabi'itv  0*.  These 
quantities  can  be  stated  mathematically  as 

a'  «  /"  Qn  (x)  dx  (IV  1) 

K' 

P  -  /KPn(x)dx  (IV  2) 


Both  Pn(x)  and  Qn(x)  are  output  probability  densities  obtained  by  operating  on  the 
input  probability  densities  with  the  receiver  system  structure.  If,  as  an  example,  the  receiver 
has  an  envelope  detection-threshold  type  of  structure  the  envelope  of  the  input  probability 
density  distribution  must  be  obtained  in  order  to  obtain  Pn(x)  or  Qn(x)  before  the  false 
acceptance  or  false  dismissal  probabilities  can  be  calculated.  This  operation  is,  in  general, 
nonlinear. 

The  calculation  of  Qn(x)  and  Pn(x)  (or  specific  a  priori  interference  and  noise 
assumptions  generally  involves  untractable  analysis  problems.  However,  the  modeling  of  the 
receiver  structure  and  the  simulation  process  described  in  Section  4  readily  allow  error 
probability  evaluation.  In  particular,  it  is  basically  only  necessary  to  count  the  number  of 
undesired  responses  above  a  desired  threshold  (K')  in  the  simulated  receiver  time  amplitude 
output  response  to  obtain  false  alarm  probabilities.  It  is,  of  course,  also  necessary  to 
properly  randomize  the  input  variables  to  obtain  the  desired  output  density  function  for 
these  calculations.  The  false  dismissal  probabilities  can  also  be  obtained  in  a  similar  manner. 
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Appendix  IV 


SUMMARY 

This  Appendix  has  discussed  various  degradation  measures  that  are  applicable  to  voice 
and  digital  systems  The  measurements  and  analysis  discussed  in  this  report,  concentrate  on 
voice  modulation.  In  the  voice  area  AS  measurements  are  required  as  the  basic  intelligibility 
measure.  However,  when  an  investigation  involving  numerous  parameters  is  to  be 
undertaken  an  "available  automated"  measure  such  as  the  VIAS  Al  measure  must  be  used  to 
complete  a  testing  program  in  a  reasonable  time  In  addition,  it  is  also  desirable  to 
subjectively  measure  the  just  preemptible  "threshold"  of  interference  since  neither  the  Al  or 
AS  can  accurately  measure  interference  in  this  region.  It  is,  therefore,  required  (because  of 
the  lack  of  a  general  measure)  to  use  AS,  A I  and  threshold  measures  to  solve  voice 
degradation  problems  It  is  also  apparent  that,  in  general  further  investigation  should  be 
made  of  different  automated  measures  of  voice  degradation.  It  appears  that  if  it  is  desired  to 
generally  model  voice  intelligibility  degradation  the  CORODIM  and  the  PCI  technique 
should  be  further  investigated. 

The  application  of  the  time  waveform  simulated  output  digital  modulation  was  also 
discussed.  In  general,  the  solution  to  other  types  of  degradation  measures  involves  the 
appropriate  operation  on  the  output  time  waveform  signals  to  obtain  the  degradation 
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